This paper proposes a new blind channel estimation method for orthogonal frequency division multiplexing (OFDM) systems. The algorithm makes use of the redundancy introduced by the cyclic prefix to identify the channel based on a subspace approach. In order to improve its performance, the algorithm uses the method of interception and smoothness of signal vector. The proposed algorithm does not require any modification of the transmitter and applies to most existing OFDM systems, besides, it presents no limitation on the length of the cyclic prefix and the length of the OFDM symbol, and it also works when there are zeros on the channel transmission vector.
Introduction
Orthogonal frequency division multiplexing (OFDM) has received much attention as a promising scheme for high data transmission in wireless communication [1] , and the blind channel identification has the potential to increase the transmission capability due to the elimination of training signals [3] [4] [5] .
Muquet brings up a noise subspace method based on the current OFDM system [2] , in which cyclic prefix induces a redundancy between the sending signal and receiving signal, to make sure the transmission matrix is a tall matrix, besides, in order to ensure the tall matrix, the algorithm restricts the length of the cyclic prefix and the length of the OFDM symbols. In this paper, we propose a new approach to get the tall matrix, to extend Muquet's algorithm without restriction of the length of the cyclic prefix and the length of the OFDM symbol. The new approach also applies to the situation when there are zeros on the channel transmission vector. Besides, in order to improve the performance, it uses the method of interception and smoothness of signal vector. The simulations show that the improved algorithm can get higher estimation precision.
System description and notations
A discrete-time OFDM system can be described as [6] [7] : The data symbols input are first grouped into blocks with size M . Then the symbols in each block are modulated into the subcarriers by an Inverse Discrete Fourier Transform (IDFT). The output sequence of the IDFT is called an OFDM symbol and each sample in the kth OFDM symbol is given as,
x k is the data symbol in the kth data block.
To avoid interference from the preceding OFDM symbols and preserve the orthogonality between the subcarriers, a cyclic prefix, which is the copy of the last L samples of an OFDM symbol, is added at the beginning of each OFDM symbol. Denote the k th OFDM symbol in vector form as ( )
In this paper, we assume that the transmitted data symbol ( ) n x k is independent identically distributed, and channel h is a time-invariant L th-order FIR filter,
The corresponding received signal is expressed as,
the additive white Gaussian noise (AWGN) vector.
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Blind subspace algorithm
Divide sending signal into three parts,
Similarly, receiving signal is
. This grouping method does not limit the relationship between the length of the signal and the length of CP, which means M and L can take any values ( M L ≥ ). Define vectors as follows,
H h has a special character: when 0 h ≠ , it is full column rank. As the channel parameters of the real transmission cannot all be zero, ( ) H h is of course full column rank. The autocorrelation matrix of ( ) r k is, 
It can be transformed into the following form,
Via the above linear equation set, we can get the estimation of the channel vector h .
Simulations
This paper uses Monte Carlo simulation to test the preference of the algorithm [8] . The degree of precision of the channel estimation method is measured by the following two parameters,
|| || ( 1)
In the equations, I is the Monte Carlo degree, and i h is the estimation of the simulation for i times.
In figure 1 and figure 2 , the modulation is 16QAM, with parameters are . We can find that while
, the improved algorithm also has good performance. In figure 3 and figure 4, 3 L= . Figure 3 and figure 4 present how RMSE and Bias change according to SNR in the original algorithm and in the improved algorithm respectively. The improved algorithm shows higher degree of estimation precision, especially under the condition of low SNR. . Figure 5 and figure 6 present how RMSE and Bias change according to the value of B in the original algorithm and improved algorithm respectively. We can see that the degree of estimation precision gets higher when the value of B is bigger. 
Conclusion
This paper bases on the existing noise subspace algorithm of the OFDM system, and proposes a new improved algorithm, which does not restrict the relationship between L and M , and when the channel transmission vector 0 h ≠ , the transmission matrix ( ) H h is still full column rank. The simulation shows that under the same condition, the estimation error of the improved algorithm is smaller than that of the original algorithm. Especially when the signal to noise ratio is low, the performance of the improved algorithm is much better than that of the origin algorithm.
